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(54) Title: METHOD AND SYSTEM FOR COMPLETING A VOICE CONNECTION IN A SWITCHED TELEPHONE NETWORK 

(57) Abstract 

A method and a system for 
completing a voice connection 
between a first and second voice 
terminal (26, 28) in a switched 
telephone network (10) are 
disclosed. The system includes 
a Virtual Switching Point (VSP) 
(46, 48) in a switched telephone 
network having a connection 
to a data network such as the 
Internet (34). Call requests are 
received by the VSP from the 
data network and processed by 
the VSP to establish a voice 
connection between a calling 
party which initiates the call 
request and a called party 
number indicated in the call 
request message. The call request 
message may include a plurality 
of called party numbers and 
the VSP completes calls to each 
number in sequence without 
terminating the voice connection 
with the calling party, until an 
attempt to connect with each of 

the called numbers has been made or a call control option is exercised by the calling party. The call connections are established and 
controlled by the VSP using CCS messages. The call connections are controlled by the calling party using data messages passed to the 
VSP via the data network. The advantage is an efficient, reliable method of initiating calls from a data network to permit a multi-call 
session without disconnection or dialing between calls and fully functional computer telephony integration and control over calling 
connections using the inherent switching power resident in the STN. 
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METHOD AND SYSTEM FOR COMPLETING A VOICE CONNECTION IN A SWITCHED TELEPHONE 
NETWORK 



5 TECHNICAL FIELD 

This invention relates generally to the 
completion of voice connections in a switched telephone 
network, and in particular to the completion of voice 
connections in a switched telephone network using a data 
10 request message for initiating the voice connection. 

BACKGROUND OF THE INVENTION 

Many service providers in North America, and 
particularly in the United States, offer a long distance 

15 service generally referred to as a "call-back" service. 
In that service, individuals residing or traveling in 
foreign countries are invited to take advantage of lower 
long distance rates available in North America by dialing 
a toll free number which alerts the service provider's 

20 system that the subscriber wishes to make a long distance 
call using North American facilities. The subscriber 
system captures the caller's telephone number from the 
Common Channel Signaling (CCS) call setup messages. As 
soon as the toll free call is received, it is terminated 

25 and the system initiates a call-back. When the 

subscriber answers the call-back, he is provided with a 
dial tone or prompt indicating that he may dial a number 
to which he wishes to place the long distance call. The 
subscriber then dials the digits required to complete the 

30 call. Since the call is completed over the facilities of 
the service provider, the subscriber pays the lower long 
distance rates applicable in North America. ' While this 
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system is advantageous i» terms of costs it : is — 
a „d time consuming to use because of the plurali , 
digits that must be dialed in order to effect 



completion 



computer telephony integration products are 
ls o Known For example, desktop call control 

riicatis £0 r h *zzrr e zz 

„ I P atLs may also automate the handling of 
' Z outbound telephone calls. A shorten, o such 

- duplicate that switch 

15 ^T^lLn to use a multimedia PC to 

complete Voice over Xnternet Protocol 
the internet as a transport medium. Gateways 
Teen established in certain cities which permit VoIP 
20 calls to be completed to a regular telephone on the 
20 „ tched Telephone Network (ST*. «» —ways co r 
VoIP packets to STH voice format, and 

di al-up connection is established with th regul 

while VoIP appears to be an attractive 
telephone. While vol w suffers from 

t - t-n STN voice connections, it so"" 
25 alternative to STN vo extensively uses 

several disadvantages. Obviously, it extensi 
computer resources and access to the data networ s tha 
they are less available for other functions Due to the 
current demand for bandwidth on the 
30 transmission quality is also frequently poor Beside 
n-- H ia PCs still represent only a small portion 
multimedia PCs still P service directed to 

the total PC devices in use, and a service 
those PC users without multimedia PCs is beneficial. 
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There therefore exists a need for a method and 
apparatus which combine the enhanced functionality . of 
computerized call control with the dependability and 
assured transmission quality of STN facilities and uses 
5 the inherent switching power resident in the STN* 



SUMMARY OF THE INVENTION 

It is an object of the invention to provide a 
method of completing a voice connection between a first 

10 and second voice terminal on a Switched Telephone Network 
using call requests originating from a data network. 

It is a further object of the invention to 
provide a method of completing a voice connection between 
a first and second voice terminal on a Switched Telephone 

15 Network using signaling messages originating in a 
signaling node of the STN. 

It is yet a further object of the invention to 
provide a method of completing a voice connection between 
a first and second voice terminal in an STN wherein the 

20 connection with the first voice terminal is maintained 
until a plurality of sequential connections with other 
voice terminals are respectively completed. 

It is another object of the invention to 
provide a system for completing a voice connection 

25 between first and second voice terminals connected to an 
STN in which a Virtual Switching Point (VSP) which is a 
physical node in the signaling network and a virtual node 
in the transmission network of the STN is provided with a 
signaling link with a data network for receiving call 

30 requests via the data network from a user of the first 
voice terminal . 

It is yet a further object of the invention to 
provide a system for completing a voice connection 
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first and second terminals connected to an STO 
between first and s accepts 
wherein the system Includes a public ser 
call requests and forwards the call requests 

inr,rr area of the requesting user, 
a local calling area or h met hod of 

5 t T"riecr::~T^s: and second 

^rising^steps^ : ^ ^ ^ ^ ^ ^ 

10 Point «VSP) m the 8TH having a connection to a 

network; ^ cirtnalina (CCS) 

. sending a first Common Channel paling < 
from the VSP over a signaling network of the STN 
message from the „ rst leg of the voice 

to an SP in the STN to initiate a first leg 

15 connection; and t an 

sending a second CCS message from the 

SP m the SXN to initiate a second leg of the 
connection; ^ belng 

- — - ^rL^dtrur: £ :::r:f 

code in each message is associate 

the same facility. t-here is 

in accordance with the invention, there . 

^ a svstem for completing a voice 

further provided a system f termina ls 
Koi-wpen first and second voice 

comprising: which is a 

a virtual switching point (VSP) wn 

„ in the signaling network and a virtual node 
physical node m the signal g vsp 

30 in the transmission network of the 

including: receiving 
a data link with a data network for « 

«f, via the data network from a calling 
call requests via tne 
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party having a first voice terminal/ the call 
request including a telephone number for the first 
voice terminal and a telephone number for at least 
the second voice terminal; 
5 means for generating a first common channel 

signaling (CCS) message sequence to initiate a voice 
connection with the first voice terminal and a 
second CCS message sequence to initiate a voice 
connection with the second voice terminal, the first 
10 and second CCS message sequences being related to an 

extent that a circuit identification code of each 
CCS message is respectively associated with opposite 
ends of the same voice facility. 

The invention therefore provides a method and a 
15 system for completing voice connections between voice 
terminals in an STN using the flexibility of computer 
control exercised through the data network independently 
of either voice terminal. The method and the system 
provide several advantages over prior art methods of 
20 completing voice connections. First, it provides all of 
the advantages and flexibility of computer control, 
including automated dialing from electronic telephone 
books or directories. It also provides the advantage of 
sequential calling without disconnection of the calling 
25 party so that a plurality of sequential calls may be 
completed without interrupting the user' s voice 
connection with an originating Switching Point (SP) in 
the STN. 

The system in accordance with the invention 
30 includes a Virtual Switching Point (VSP) which is a 
physical node in the signaling network of the STN and a 
virtual node in the transmission network of the STN. The 
VSP is enabled to receive call request messages from a 
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. local area network (LAN) < a wide 
data network such as a local Interne t. The VSP 

At ea Network (WAN) , an Intranet or the Internet 
processes the call revues t * ^ - ^ - , 
one called number. An initial call ' reqU £ the 

a common channel signaling message iro 
S by sending . ~™ ^ t the calling party 

' ,L connection with a first voice 
to initiate a voice h d wit h the 

• al After the connection is established 
terminal. Aitei ^ , i siqnaling 

= i a second common channel sj-y 
first voice terminal, a second ^ 
n«s sent to a switching point m tne 
10 message is sent terminal, 
initiate a connection with the seco voice 
The voice connections may be local or long dista 

connections. vV ,^v subscribers or 

Users of the- system are either subscri 
, Z Casual users must provide a calling card, 
3 casual users. Casual access 
m «r debit card number m order to gan 
credit card or debit t long 

to the functionality of the system s 

n« Placed may be properly billed, 
distance calls placed may ^ p embodiment of the 

in accordance with a seco 
■ ,ion users of a Private Branch Exchange (PBX) may 
0 invention, users o terminal 
control outgoing call connections from a da 

. j to a VSP which is a physical node 
connected to a „-«=p/ssp to which an 

i ■ „ links between the PBX and an SP/SSF 
signaling linKs Deuw« ^ nnn „ ted This 

<r^v. i-hp PBX is connected. 

isdn ™ - — -» 

" " r r g : ana -n ^ used to significantly enhance the 
control and can a including 
outbound dialing features of the PBX 
sequential call completion without disconnection 
originating line ^ ^ ^ ^ ^ ^ 

30 ntilize the inherent switching 

Klth the i~" sT ; 1 he functionality resident in 

capabilities of s » -hicb contro ls the 

the common channex 5>xyi«x.u ^ 
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STN, a system in accordance with the invention can be 
quickly developed and deployed to offer enhanced 
functionality to subscribers. Unlike prior art systems, 
transmission quality is assured, protocol compatibility 
5 problems are avoided, and voice circuits are efficiently 
used. The invention therefore provides a method which 
capitalizes on the inherent functionality of the STN 
without waste or duplication of voice circuits and 
without relying on the feature functionality of specific 
10 switching nodes. 

BRIEF DESCRIPTION OF THE DRAWINGS 

The invention will now be further explained by 

way of example only and with reference to the following 
15 drawings, wherein: 

Fig. 1 is a schematic diagram of a switched 

telephone network equipped, with a system in accordance 

with the invention for completing voice connections 

between first and second voice terminals; 
20 Fig. 2 is an exemplary call flow sequence 

showing principal actions in call setup and release in 

accordance with one embodiment of the system in 

accordance with the invention; 

Fig. 3 is an exemplary format for a home page 
25 on a public server used to implement a system in 

accordance with the preferred embodiment . of the 

invention; 

Fig. 4 is an exemplary format for a call 
request page on a public server used to initiate a call 
30 request using a system in accordance with the invention; 

Fig. 5 is a schematic diagram of another 
embodiment of the invention, showing an exemplary call 
flow sequence using the embodiment; and 

- 7 - 
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a fib are a flow chart illustrating 

with the invention. 

■ DETAJLED_pESCRlPTIO^__^ - -— - ^^q^ and a system 

/r\Ttr e "neLion between a first and 
in a switch, telephone networ, 

10 (STN) * FiQ , is a schematic diagram of an STN 10 
Fig th a system for practicing methods in 
equipped with a includes a 

■ t-hp invention. me ^j-* 
accordance with the referred to as 

«f switching nodes generally reterr* 
plurality of switcnmy as a 

. 4.^ ,cpi 12.14,16 and 18 as 
15 Switching Point* SP, 1^ ^ t ulustrated . Th e 

plurality o£ other SPs other by 

SPS ia-18 are connected to ™ - d transport ing 

trunk groups 20 which are ^ <T a sign aling network 
voice, fax or data. The STN includ es a ign g 
20 and a transmission network T he tr^^ ^ 

link 23 connects an SP12-1S with a Signal 
signaling link 22 ^ ^ are normal ly 

Transfer Point (STPI it,' has a 

25 arranged in redundant pairs and each S ^ ^ 

signaling link 22 to each of ™> ^ interconne cted 

Normally, the STP pairs 24,25 are ^ 

,■ „ u„ks in a manner well known 
with signaling links in noC 

although for the sake of simplicity those 
30 shown in Fig. 1. ^ ^ ^ ^ pairs 24 , 25 the 
trunks 20 and the signaling links » : comprise the J,asic 

* t-vie. STN 10. An STN iu 
components of the biw 
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include at least one Service Control Point (SCP) which 
for the sake of simplicity is not illustrated as it is 
not directly relevant to the invention. The STN 10 
serves a plurality of subscribers having voice 
5 terminals 26, 28, 30 and 66. The subscribers may also 
. have Personal Computers (PC) 32 connected to the STN by a 
dial-up connection. Among other things, the PCs 32 are 
normally used to access the Internet 34 through an 
Internet Service Provider (ISP) 36,38 or 40. The 

10 ISPs 36,38 are connected to SPs 14,16 by data 
transmission links 42 which may be a Tl trunk with a 
modem attached to each end, an Integrated Systems Digital 
Network Basic Rate Interface (ISDN, BRI), a line 
appearance with a modem attached to each end, a splitter 

15 with an Asynchronous Digital Subscriber Loop (ADSL) 
connection, or the like. The ISPs 36,38,40 are connected 
to the Internet 34 by data transmission links 44 which 
may be any one of the data links described above, for 
example. 

20 The system in accordance with the invention 

includes a Virtual Switching Point (VSP) 46,48. Each 
VSP 46,48 is a physical node in the signaling network of 
the STN and a virtual node in the transmission network of 
the STN, as will be explained below in some detail. As a 

25 physical node in the signaling network, VSP 46 is 
connected to the STP pair 24 by a signaling link 50 and 
the VSP 48 is connected to STP pair 25 by a signaling 
link 52. The signaling links 50,52 may be A, B or D 
links, as is well known in the art. The VSP 46 is also 

30 connected to the ISP 36 by a data link 54 and the VSP 48 
is connected to the ISP 38 by data link 56. Internet 
gateways 55 are deployed on links 54,56 to protect the 
CCS network from unauthorized use. The data links 54,56 
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• ,nv data transmission link such as a line 
ma y comprise any data use a 

.iith a modem on each end, 
appearance with am prot ocol. 
transmission protocol such as the «P'IPP a 
The system shown m F ig ^ ^ ^ 

5 public server SB which - . ^ ^ ^ 

. server well Known m the art. T P ^ 

Tqp 40 bv a data lime ou. 
connected to the ISP 40 r>y Recognition Unit 

-. , Tnt-practive Voice Kecuy" j - u 

may further include an Interact! typica lly a 

' IVR TracttitV. The function of the VSPs «.«, 

10 z ;;j ~^ » - - ito 62 wiu be exp 

below in some detail. intended to be 

The system shown m Fig. 1 « 

*-« fhP STN 10 having PCs 
u sed by subscribers to the system in 

15 access to th. Internet 34. 0« .J ^ ^ ^ 

is able to set entered at the 

, 0 rail requests are enteieu 
public server 58. Call r.eq ^ 

v The public server 58 passes 

public server 58. The p ^ Llin a area of the 

20 requests to a V SP located in a local ^ „ hich 

subscribe, ^ing th. revest In t ^ ^ 

follows, the subscriber uses PC 32 ^ 

- uhich is forwarded by the public ser 
request, whxc . i« explained below in more detaxl, 

the VSP 48. Ul11 P vsp 48 sends a tirst 

• 4- ^-f t-he call request, trie vbf 
25 on receipt of the can h h first voice 

t-h^ 18 to establisn a i-j-j- 
signaling message to the tne 
connection with the subscriber telephone 30. 

SP18 confirms a «-ct^» ^^on channel 

, n the VSP 48 sends a seconu. 
telephone 30, the vb* ^ ^ initiate a 

30 signaling message to an SP m subscr iber 
^ Tort of the voice connection between tne 
second leg of the be any one of 

telephone 30 and a called party rece ives 

subscriber telephones 26,28 or 66. The 
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the second common channel signaling message depends on 
the structure of the network and, to a lesser extent, the 
location of the called party. In order to ensure that 
signaling messages which permit the VSP 48 to control the 
5 call connection are routed through the VSP 48, the call 
must be routed over facilities which are logically, 
though not physically, connected to the VSP 48. This may 
be accomplished in at least one of the two ways- For 
example, a loop-back trunk group 64 connected to SP 18 

10 may be assigned link sets which are associated with the 
VSP 48 as if the VSP 48 were a physical switching node in 
the loop-back trunk group 64. Likewise, one or more 
members of the trunk groups 20 may be assigned to a trunk 
group whose link set indicates that the VSP 48 is a 

15 switching point in the trunk group, as was explained in 
detail in applicant's co-pending patent application 
referenced above. 

Fig. 2 illustrates a portion of the common 
channel signaling messages exchanged in a system in 

20 accordance with the invention during a basic call request 
initiated by a subscriber from the PC 32 to a subscriber 
telephone 2 6 connected to the STN 10. The common channel 
signaling system used in the North American STN today is 
Signaling System 7. Only principal components of the 

25 network involved in the call are shown in Fig. 2 for the 
purpose of clarity. 

As shown in Fig. 2, a subscriber initiates a 
call request from his PC 32 by accessing the public 
server 58 through the Internet 34 (see Fig. 1) in a 

30 manner well known in the art. In this example, the 
subscriber requests that a call be originated from his 
telephone 30 and terminated at a subscriber telephone 2 6 
connected to the STN 10. The subscriber telephone 26 is 

- 11 - 
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on nn receiving the can ±.<zh^ 

telephone 30. On 9 s , rver 58 preferably 

Dr the public server oo f 

subscriber PC 32, the p caU .ing and 

verities the call request to ensure that the ca g 
5 called n»bers confer, to a predefined format Un this 
instance the North African Dialing Plan, and formats a 
call request message addressed to an appropriate VSP in 
nltl, The recipient VSP is P^'J^^ 
tn a table look-up using the NKX-HX , of £ "J 
10 number to locate the most appropriate V «^ » . 
control the call. In. this example, the most app P 
VSP is the VSP 48. The public server 58 emits the call 
request message addressed to VSM. ^ ^ — 
- call request message ^ 
15 VSP 48 responds by senainy 

signaling «CCS, message through the SS7 « th 

s ™ 10 to the SP 18. in. this example the SP U 
equipped with the loop-back trunk group 64 and the VSP 48 
elects an idle member of that trunk group tc . serve th 
,n -all request. In this example, a first end of the idle 
20 k mTIer is designated by a Circuit "fication 

■ code <CIC, of 001. on receipt of the IA« th.JP 18 
seizes CIC 001 of the loop-back trunk 64 and checks the 
availability of the subscriber " l ^ 3 °; 
25 subscriber telephone 30 is found to be available and the 
SP18 returns an Address Complete Message (ACM) to the 
VSP 48 to acknowledge availability of the telephone 30. 
Th SP18 then applies, ringing to the subscriber 
telephone 30 and the subscriber answers. On 
30 the answer signal, the SP 18 returns an ^'J^T 
(M0 to the VSP 48. VSP 48 is thereby informed that a 
first leg of the voice connection is complete, 
"erefore sends a second I AM to SP 18. The second IAM is 



- 12 - 



WO 99/34613 



PCT/CA98/01191 



assigned a CIC of 002 which causes SP 18 to seize the 
opposite end of the loop-back trunk member in trunk 
group 64 in order to complete a voice circuit on the 
loop-back trunk member. The SP 18 consults its 

5 translation tables and determines that it does not serve 
the called number in the I AM" with the CIC of 002. It 
therefore reserves a trunk indicated by a link set in its 
translation tables and emits another I AM into the 
signaling network of the STN 10 which routes the cail 

10 across the switched telephone network to a switching 
point which serves the subscriber telephone 26. 

On receipt of the I AM at that SP (not 
illustrated) in the STN 10, the SP checks the 
availability of the subscriber telephone 2 6; on finding 

15 it available it returns an ACM to SP 18 via any other 
intervening switching nodes and applies ringing to the 
subscriber line for telephone 2 6.. When the telephone 2 6 
is answered, the SP in STN 10 returns an ANM message to 
SP 18, which in turn passes the ANM message back to the 

20 VSP 48 informing the VSP 48 that the second leg of the 
call is completed and conversation ensues between the 
subscriber telephone 30 and the subscriber telephone 26. 
After conversation is complete, the subscriber 
telephone 30 hangs up which sends a disconnect signal to 

25 SP 18. SP 18 in response sends a Release message (RED 
to VSP 48 informing the VSP 48 that the calling party has 
disconnected. VSP 48 responds with a Release 

Complete (RLC) indicating that its virtual end of CIC 001 
has been released and SP 18 releases its seizure of the 

30 CIC 001 in loop-back trunk 64. On notice of the release 
of CIC .001, VSP 48 initiates a release of the second leg 
of the voice connection by sending a REL message with a 
CIC of 002 to SP 18 which in turn forwards the REL 

- 13 - 
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„ e « «■« - «- sp -::r 2 rrr::; 

,, tf the subscriber telephone 
telephone 26. It serves subscriber 

„ k^v the SP which serves 
al "? T; appnes a dial ton, to the subscriber's 

5 line. An R^C message s> message, a 

" teiep^e « on ~ ce P trf «- ^ ^ ^ 
disconnect signal is received y respo nse 

retUr r the VSP 48 to free its resources and delete the 
10 P""" " l la ted to the call as explained in 

table entries related to be 

c.= ro-oending patent application, 
applicant's co pending p request need 

explained be^ in g = etail, ^ ^ 

not be limited to a sing skilled in 

•n =.i=io be appreciated by those 
15 above. It will also be app exch anged during 

w «- i-hat other SS7 messages may be exchange 
the art that owei. reauired to 

t-hat only those messages requxi* 
call processing and that only inve ntion are 

explain call flow in accordance with the mve 

20 — . i— e ^ats 

us ed £ or t„o pages on the public The 
an exemplary ho»e page the p ^ 

^ neirt peX any user to establish a calling 
a call request, h<= initiate a 

... rard or debit card session to mitiat 
25 card, credit card or a to acC ess a 

call request; permits an mdividua^ ^ to 
registration page for registering as aura P 
any party accessing the » £ system in 

about the function and utility 

mention preferably permits users tc > -tia^ , toU 
calls, provisions to accommodate billing 
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considered if toll calling is enabled. Consequently, it 
is preferable that only registered users be permitted to 
place call requests. A user may be registered by 
completing a registration process as described below or 
5 temporarily registered by submitting valid calling card, 
credit card or debit card information to permit any toll 
calls initiated during a session to be billed to the card 
holder. 

If the user wishes to register to use the 

10 system in accordance with the invention, they can do so 
by initiating a registration process which loads a 
registration page (not illustrated) . The registration 
page preferably requests the user's full name and 
telephone number.. When the public server 58 receives the 

15 individual's telephone number, a query is launched to 
determine whether the individual is a subscriber to the 
services of the STN service provider which operates the 
public server 58. If so, and the subscriber associated 
with the telephone number is determined to have an 

20 acceptable credit rating, a registration verification 
process is initiated. In that process, the public 
server 58 (see Fig. 1) formulates a verification call 
request message which is forwarded through the 
Internet 34 to a VSP which serves the individual, VSP 48, 

25 for example. On receipt of the registration call 
request, the VSP 48 initiates a first leg of a 
registration verification call to the subscriber as 
described above in relation to Fig. 2. When the first 
leg of the. call is complete, the VSP 48 initiates a 

30 second leg of the call to the IVR 62. The function of 
the IVR 62 is to verify that a person attempting to 
register and supplying a telephone number as the billing 
number for calls is actually the subscriber associated 
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on receipt of the registration 
wtt h MUin, On^ecerp ^ ^ 

verification call, tne 62 
registration verification message n whi=^ ^ 

ln£ _ th e -V th ; stl - -uests that 

5 registration as a user o 

the response receivea m . . any Q ne of 

kq This may be accomplished in any 
public server 58. This may enabied to 

10 several ways. For -ample, if th. ^ ^ 

send TCP/IP messages, it may reapo 

„ h1ir S erver 58 with the indication. In tnax. 
public server reais tered user response, it 

ttto r-pceives the regis Lei- <=u 
when the IVR 62 receive Hi soatches to 

, *n information message which it dispatcne 

formulates an miotic called party 

f . nilhl _ lc S erver 58 indicating whether the called P 
15 the public server reaistered user. 

, i-i. j QC irp to become a regis i-eicu 
acknowledged the desire received may 

Alternatively, an indication of the response 

ri back to the VSP 48 using common channel 
be passed back to Re i ea se With Cause 

i • ~ mo „ aaes For example, a Release 
signaling messages. indicate user 

rause parameter is usea w 
20 Wher \ ce or reaction of the registration *ay be used, 
acceptance or „ N0 „ response , indicating 

FO r instance, on -J™*' ^ could be progr a»ed to 

registration re ct on the ^ ^ ^ ^ ^ to 

terminate the call in 
25 generate a REL with Cause. On receipt of a 

cause fro, the rVR 62, the VSP 48 the 

parameter and foliates a TCP/IP 

server 58 indicating the user' s acceptance 

of C he -gistration. ^ ^ ^ the bl i 

30 server 58 downloads a subpage which per^ts the -~ 
enter a password. Typically, the password « . 
. duplicate entry in a manner well *no„n in the art. 
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This process substantially eliminates fraud while 
enabling essentially instant registration of parties 
wishing to utilize the features and functionality of- the 
system in accordance with the invention. In order to 
5 coordinate IVR 62 - response messages with registrations in 
progress, the IVR 62 is preferably programmed to accept 
calling line identification information from the SP 14 
(Fig. 1)/ and to include the calling line identification 
data in the response message to the public server 58. 

10 If an individual wishing to register as a user 

is determined not to be a subscriber of services provided 
by the service provider which operates the public 
server 58, a registration process similar to the one 
described above is followed except that the user may be 

15 requested to provide a credit card, calling card or debit 
card number to which calls can be billed. Alternatively, 
the user may be requested to enter a billing address to 
which services provided by the system may be billed. In 
either instance, a registration verification process is 

2 0 executed as described above wherein the number entered as 
the number of the individual requesting registration is 
called to verify that registration has been requested by 
that individual, in order to minimize fraud. 

A user may temporarily register for a call 

25 session by supplying a valid calling card, credit card or 
debit card number in a manner well known in the art. If 
this option is selected, an initial page is downloaded 
requesting which type of card the user wishes to use for 
the session. The initial page preferably permits the 

30 user to select a card type with "radio-buttons" in a 
manner well known in the art. Once the card type is 
selected, an appropriate subpage permits the user to 
enter card information which generally consists of a card 
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v. k 10 to the SP which serves subscriber 

message through STN 1° to _ 

« If the subscriber telephone i» 
telephone 26. If t subscriber 

alte T T/TpUes a -I tone to the subscribe, s 
5 r : irX. - generate, by the SP which serves 

5 line, jtui £L meS sage, a 

subscriber telephone 26 on receipt of the 

i \ <= rprpived by the SP m tne oi« 
disconnect signal, is received y reS ponse 

the sp -TLTZ 7ZT«™Z 1 vsp „ which 

returns an BU- . dele te the 

• v fk . vsp 48 to free its resources and deiet 
10 permits the VSP 4B explained in 

table entries related to the call as P 
applicant's co-pending ^ ^ ne ed 

expl ained below in greater etail. ^ * ^ 

not be limited to a sing skilled in 

it will also be appreciated by those skiiie 
15 above. It win OV rhanaed during 

t- i-h*t other SS7 messages may be exchanged a 
the art that otnei o ^ = „ oc: ,-eauired to 

*il nrocessing and that only those messages requir 
e :;iaL call "low in accordance with the invention are 
illustrated in rig ^ ^ ^ ^ , e 

20 Figs, j diiv-i shows 

us ed for two pages on the pub- "££»^ u . The 
an exemplary home page - P» ^ ^ ^ 

home page permits register calling 
a call request, permits any user to establish a c 
25 card , credit card or debit card session to , 
c.ll request; permits an individual 
r egistration page for registering as ^-jfj^ ^ 
any party accessing the public server ^8 to 1 ^ 
about the function and utility of the sy 
30 accordance with the invention. 

Since the system in accordance with 
preferably permits users to initiate toll 
invention preferably P hlU ing must be 

calls, provisions to accommodate billing 
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the registered user. The format, maintenance and 

features of a personal telephone book are matters of 
design choice and are well understood in the art- If the 
user is an employee of a corporation, a corporate 
5 directory 73 may also be made available to the user. A 
registered user is preferably also provided with access 
to telephone directories 74 for countries deemed to be of 
greatest interest. . For example, access in the form of 
hyper-links may be provided to the Canada 411 directory 

10 of residential numbers, the United States 411 directory 
of residential numbers and/or a global directory to 
permit the user to search and retrieve numbers of 
individuals or companies to which calls are to be placed. 
Many other features may also be enabled and are matters 

15 of design choice. 

Fig.. 5 schematically illustrates a further 
embodiment of the invention in which a company, generally 
indicated by reference 80, operates a Public Branch 
Exchange (PBX) 82 connected to a Switching Point/Service 

20 Switching Point (SP/SSP) 84 by an ISDN trunk group 86 in 
a manner well known in the art. A VSP 88 in accordance 
with the invention is a physical node in the ISDN 
signaling network between the PBX 82 and. the SP/SSP 84, 
which includes ISDN signaling links 89. The company 80 

2 5 employs a plurality of individuals having 
telephones 90,92,94 and PCs or work stations 96,98,100. 
The PCs or work stations 96-100 are connected to a local 
area network (LAN) 102 which may in turn be connected to 
a data network 104 such as a Wide Area Network (WAN) or 

30 the Internet. The data network is in turn connected to 
the VSP 88. The LAN 102 may, however, be connected 
directly to the VSP 8 8 and need not be routed through the 
data network 104. The SP/SSP 84 is a switching node in 
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the STN 10. A subscriber telephone 106 is served by 
SP/SSP 84 and another subscriber telephone 108 is served 
bv a switching node in the STN 10. 

Fig 5 also shows an exemplary call sequence in 
5 which an employee of the company 80 initiates a call 
session using work station 100. The call session is 
' initiated by, for example, completing a call request form 
similar to that shown in Fig. 4. It is assumed for 
example that the employee wishes to place several 
■10 sequential calls to customers. The employee therefore 
completes a call request and initiates the call by 
sending the request list via the LAN 102 to the V P 88. 
On receipt of the call request list, the VSP 88 inmates 
a first leg of the voice connection by sending an ISDN 
IS message over signal line 89 to the PBX The PBX 

receives the message and verifies that telephone 94 
available, returns a call proceeding message to the 
VSP 88 followed by an alerting message indicating that it 
has applied ringing to the line of telephone 94. When 
20 the telephone is answered, PBX 82 sends a connect message 
to the VSP 88 to inform the VSP 88 that the first leg of 
the call connection is established. VSP 88 then sends an 
ISDN message over signal line 89 to SP/SSP 84 requesting 
that it set-up the first telephone number specified m 
25 the list by the user of PC 100. In this case, the first 
call is to telephone 106 served by the SP/SSP 84. The 
SP/SSP 84 checks the availability of telephone 106 and on 
finding it available informs the VSP 88 using a. call 
proceeding message that the telephone 106 is available. 
30 The SP/SSP 84 then advises the VSP 88 that it is alerting 
the telephone 106 and it applies ringing signals to the 
line of the telephone 106. When the telephone 106 is 
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answered, the SP/SSP 84 sends a connect message back to 
VSP 83 and conversation ensues between the two parties. 

After the conversation is complete, the user at 
telephone 106, for example, places the telephone 106 on- 
5 hook which sends a disconnect signal to the SP/SSP 84. A 
disconnect message is forwarded to the VSP 88 which 
returns a release message to the SP/SSP 84. It should be 
noted that the disconnect message is not passed on by 
VSP 88 to the PBX 82. Instead, the VSP 88 blocks the 

10 disconnect and release complete messages received from 
SP/SSP 84 and returns a second call set-up message using 
the second number from the list provided by the user at 
PC 100. As will be understood by those skilled in the 
art, the call connection between telephone 94, the PBX 82 

15 and the SP/SSP 84 is still up on one channel of the ISDN 
trunk group 86 used for the first call. Therefore, when 
the VSP 88 sends a set-up message containing the second 
number from the call list, it specifies that trunk member 
of the ISDN trunk group 8 6 as the circuit to be used for 

20 the call. The second call is placed, for example, to the 
subscriber telephone 108 connected to the STN. The 
SP/SSP therefore forwards an I AM (not illustrated) 
through - the STN 10 to an SP (not illustrated) which 
serves telephone 108 and a voice connection sequence 

25 similar to that described above with reference to Fig. 2 
is followed until a voice connection is established 
between telephone 94 and telephone' 108. As will be 
understood by those skilled in the art, the ringing tones 
applied at telephone 108 are passed back over the voice 

30 connection and audible to the user at telephone 94. 

Preferably, the VSP 88 is programmed to time- 
out after a predefined period of time if a connect 
message is not received back from SP/SSP 84 to indicate 
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th at the call has been answered. This pewits an attempt 
undl , i;^ if the current 

to connect to a next number in the list if tn 
attempt is unsuccessful because the line i. busy, the 
phone is unanswered or at the callers discret^ 
-, If a time-out condition is encountered by the VSP 88. the 
VSP 88 examines the call list to determine whether a 
attempt has been made to establish ^ ^ ^ f e ^ 
voice connection with each number on the list. If 
call has been attempted, the VSP is preferably enab^d to 
0 retry any unsuccessful call attempts. 

automatic retry or VSP 88 may send a message to th 
PC 100 requesting whether the user wishes to retry those 
calls which were not successfully completed. 

The VSP is also preferably enabled with full 
L5 CTI functionality so that the call originating party is 
te pt fully informed of call progress and n co t 
control of the call connections through call progress 
dismay messages and call control options. Table 1 shows 
T samPle call flow sequence with the call progres 
20 messages and call control options displayed on 
calling party's PC during a call session: 
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Table 1 



Call Process 


Progress Message 


Control Options 


Send I AM 


Calling 613-123-4567 


. Cancel Session 
. Cancel Call 
. Add Number to List 
. Call 

Immediately 


Receive ACM 


613-123-4567 - 
ringing 


. Cancel Session 
. Cancel Call 
. Add Number to List 
. Call 

Immediately 


Receive ANM 


613-123-4567 - 
answered 


. Cancel Session 

. Add Number to List 

. Hang Up and Call Next 

. Hang Up and Call 

Immediately 


Receive REL 


613-123-4567 - 
disconnected, 
Next Call 
514-765-4321 


. Cancel Session 
. Add Number to List 
. Skip Next Call 
• Call 

Immediately 



5 While it will be understood that the sequence 

shown in Table 1 uses the ISUP signalling sequence, an 
ISDN signalling sequence is very similar and the Call 
Progress and- Control Options are the same. It should 
also be understood that the Progress Messages and Control 
10 Options shown in Table 1 are exemplary only. Other 
Control Options may be implemented to permit the calling 
party to control the calling session. It will be 
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«. h i-Kit the call sequence shown in Table 1 only 
understood that he ca ^ parfcy 

illustrates an «.tan« . ^ instances 

mailable and an w x ^ ^ ^ 

where the called line » Y accord ingly. 
5 progress and Control Options will ^ chart of 

Fias 6a and 6b are a simplified no 

+■ oH hv the VSP 46,48, 88 on 
the principal logic executed by the ^ 

receipt of a call request list. In „ Qr the 

- ^ is received from the public server 
request list is receive request 
on for example. On receipt of the can 
10 business 80, for exampx« ., . ed to i in 

, in step 110 a counter N is initialized 
list m step a aw index for 

- ii9 The counter N is used as an 

ino a called number table passed in the call list 
examining a called passed 

request message. In step , determine 
15 in the call list request messa, ^ such as the 
whether it -o^;-;^ ^ error is 
NANP . If not, an m ^ 
returned to the source of the «1 < ^ 
processing is terminated. If the cal g 
the calling number validation screen 

message for call setup to the calling number is perfor 

and s. Th e recent -J^^'J ^ U no, 

is checked at regular intervals. _ 
received, indicating that the calling number has not 
answered, a timer is checked in step 121 to e r min 
whether a predetermined time has elapsed since the 
dispatch of the CCS message for call s -up 
calling nu^er. If the predetermine tim h» 
elapsed, the periodic check for receipt of the 

• continued If the time has elapsed, a no 
message is continued. ^ upturned in 

* « m fhP calling number", error is returnea 
response from the calling ^ 

step 122 to the source of the call req 
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received in step 110. If an ANM message is received 
indicating that the calling number has answered, the 
VSP 46,48,88 formats a CCS message for call setup to the 
called number N in the called number table in step 124. 
5 Periodic checks are made in step 12 6 to determine whether 
the called number has answered and if not the time 
elapsed register is examined to determine whether the 
elapsed time has exceeded a predetermined time allowed 
for an answer. If the predetermined time is determined 

10 in step 127 to have elapsed, the counter N is incremented 
by 1 and the program branches to branch B as will be 
explained below with reference to Fig. 5a. If the called 
number has answered, the VSP 46,48,88 monitors the common 
channel signaling links for a disconnect signal received 

15 from either end in step 130. Monitoring continues at 
periodic intervals until a disconnect signal is received. 

On . receipt of the disconnect signal, the 
counter N is incremented by 1 in step 132. In step 134, 
the VSP 46,48,88 determines whether the disconnect was 

20 received from the originating or the terminating end of 
the call. If the disconnect is received from the 
originating (calling party) end of the voice connection, 
the call list entry at N is examined in step 136 to 
determine whether all calls on the list have been 

25 attempted. If so, the VSP 46,48,88 preferably returns a 
normal session termination message to the source of the 
call request in step 142. Otherwise, the VSP 46, 48, 88 
preferably returns a message indicating that the calling 
party terminated the session in step 138. A screen 

30 display may request the calling party to indicate whether 
they wish to terminate or resume the session, the logic 
for which is not described here but will be apparent to a 
person of ordinary skill in the art. If in step 134 it 
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i. determined that the disconnect orx,».t«l « th 

called number end of the voice connection, the call list 

™her N is examined to determine whether the list 
entry number N is examine 

includes another number to be called If "» « J 
>■ not empty, the program branches back to step ,124 a 
another CCS message is formulated to set up . th. J .U^ 
nU mber without, releasing the called par y as - lb 
above W ith reference to Figs. 2 and 5 . If the ca 

the call list occurrence N is blank, a normal session 
0 termination message is returned to the source <*J^£ 
reguest message in step 142 and processing is ™ 
The normal session termination message preferably simply 

advises the calling party that all call attempts hav 
advises nimbers were not 

been completed. If cerrai , eaue st 
l5 answered, the session termination message may regues 
whether the calling party wishes attempts to ^ T Is 
connect to those voice terminals where no response was 
received. The logic for those routines is likewise not 
illustrated but will be apparent to persons of ordinary 

20 skill in *e;- rity _ ^ loglc shwn in Figs . ... 6b 

does not include the steps of receiving Control Option 

aoeb . T+ . wi ii he understood 

messages from the calling party. It will u 

that the Control Options may change call flow at any t-e 
25 and the number of possible permutations, althouga wlt h 

the scope of understanding of a person skilled m 

art, are not readily illustrated. 



30 



IN DUSTRIAL APPLICABILITY 

— invention provides a flexible method of 

completing calls using the advantages of computer 
telep-y integration without- the inherent disadvantages 
of prior art methods for completing such calls. 
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calls are completed using the switched telephone network 
to ensure quality transmission. Due to the architecture 
of the system in accordance with the invention, calls are 
efficiently completed without redundant circuits. 
5 Furthermore, a plurality of calls can be placed in 
sequence without the time consuming disconnection of the 
calling party, or any other inconvenience and the calling 
party is in constant control of the call sequence. The 
calling party is therefore empowered to control the 
10 switched telephone network without endangering the 
integrity of the network. The calling party is also 
endowed with calling features which match or exceed the 
features available from prior art CIT systems without 
redundant use of switched telephone network resources . 

15 
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WE CLAIM: 



» voice connection 
A method of completing ^ 

— * — r ;:r i:-r:::u r ---- 

Telephone Network (STN) ^ thtQugh the 

telephony hardware - use to x~t 

STN/ CHAR^C^ t is received at a virtual 

a call request re quest being 

. „ IVSP , m the STN, the call req 
switching Point (VSE) ^ netvrork . 

received through a conne ctio (ccs) message 

a £irst cotton Channel g sui tching 
sion is initiated between the VSP and 
session is first leg or tne 

point in the STN to establish 

connection; and Qn is initiated 

a second CCS messag N fcQ 

fh VSP to a switching point m 
between the vsr connection; 

the VSP include a circuit ia 

^ 0 f the same facility, 
with opposite ends of the 

, ■ Maim 1 wherein the 
, A method as claimed in claim ^ 

rst and second CCS message sessions- ^ ^ 
che same switching poin a- ^ ^ ^ 
trunk having first ana 
SP. 

, • pi a im 1 wherein the 
A method as claimed » cl.» ^ 

£irst a nd second CCS messag are ^ inter . sultch 
switching .P--; rs f d a „d second ends which respectively 
^rr^t^erent switching points. 
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4. A method as claimed in claim 1, 2 or 3 wherein 
the CCS message sessions are Signaling System 7 (SS7) 
ISDN User Part (ISUP) message sessions. 

5. A method as claimed in claim 4 wherein the ISUP 
message sessions are initiated using an Initial Address 
Message ( I AM) . 

6. A method as claimed in any preceding claim 
wherein the data network is the Internet. 

7. A method as claimed in claim 6 wherein the call 
request is received from a World Wide Web server on the 
Internet. 

8. A method as claimed in any preceding claim 
wherein the call request message comprises a list of at 
least one telephone number to which sequential voice 
connections are to be established. 

9. A method, as claimed in claim 8 wherein the 
first leg of the voice connection is maintained until an 
attempt has been made to establish the second leg of the 
voice connection for each of the at least one telephone 
number, unless the first voice terminal terminates the 
first leg of the voice connection before all attempts 
have been completed. 

10. A method as claimed in any preceding claim 
wherein a first CCS message in the first message session 
is sent to a switching point in a local calling area 
associated with the first leg of the voice connection. 
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A method as clawed in any preceding =1£ 

11 • . i rail and charges 

wherein the voice connection is a toll ^ call a 

tor the toll call. are billed to a calling card, 
card, or a debit card. 

, • ^ -ir, riaim 11 wherein the 

A method as claimed in claim 

£ir st and second CCS message sessions are each 

with a switching point designated <« c £ ' t . , 

credit card and debit card ^"^/"V ^ n d that 
Xoop-back trunk group having first and second 
terminate on that switching point. 

A method as claimed in claim 1 wherein the 

is an ISDN trunk and the first CCS message 
t acilitv is a IS« Mssage sent over an 

session is init^ u « ^ _ ^ second 

ISDN link to a Private .„.,.,.„. wit h a switching 

CCS message session being initiated w t > a 

■• • ^ -ir, riaim 13 wherein the 
14 a method as claimed in claim be 

. a n, t of telephone numbers to oe 
0,11 request comprises a list of It. P is 

called and the first leg of the voice 

• ^ „r,*-n at least one attempt has been 
ma intained until at lea conne ction with each 

complete a second leg of the voice c 
of the respective telephone numbers to be called. 

A method as claimed in any preceding claim 
herein the call revests originate £ 
ha ving a data terminal connected to a dat ne- 
the VSP returns call progres .message ~ 
network to the data terminal to provide 
with call progress information. 
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16. A method as claimed in claim 15 wherein the 
calling party may communicate call control options to the 
VSP at any time in order to control a call session, 

17. A method as claimed in claim 16 wherein the 
call control options include: cancel session; cancel 
call; add a new called number to a call list; cancel call 
and call a new specified number; and, skip next call in 
the call list. 

18. A method as claimed in claim 15 or 16 wherein 
the call control options change depending on the stage of 
a call in progress. 

19. A system for completing a voice connection 
between first, and second voice terminals connected to a 
switched telephone network (STN) , comprising a virtual 
switching point (VSP) which is a physical node in the 
signaling network and a virtual node in the transmission 
network of the STN, CHARACTERI ZED in that: 

the VSP includes a signalling link with a data 
network for receiving call requests via the data network 
from a calling party having a first voice terminal, the 
call request including a telephone number for the first 
voice terminal and a telephone number, for at least the 
second voice terminal; and, means for generating a first 
common channel signaling (CCCS) message to initiate a 
•voice connection with the first voice terminal and a 
second CCS message to initiate a voice connection with 
the second voice terminal, the first and second CCS 
messages being related to an extent that the circuit 
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, of each CCS message is respectively 
identification code of each fftC ility. 
associated with opposite ends of the 

rlaimed in claim 19 wherein the 
20 . A system as claimed in pitching point 

voice facility is a loop-back trunk on a sw.tch 

in the STN. 

Maimed in claim 19 wherein the 

points in the STN. 

A system as claimed in any one o£ claims 19-21 
• ■ tha signaling link with the data network is a 

wherein the signaling forma t. 
Unk which supports data messages in 

2 , A system as claimed in any one of claims 

herein the system — ^^.^^in, adapted 

mv be accessed by users, the public 

7 0 permit the users to generate the call revests. 

24 . a system as claimed in ^ - «^ ^ 

hh<* STN includes a plurality 
wherein the biw local calling 

• nw inrated in the network, each local 
. strategically locatea i« 
area in the STN including at least one VSP. 

A system as claimed in claim 24 wherein the 
25. A system a selecting an 

public server includes a table fo ^ tjbl( 

appropriate VSP to o£ a telephone 

associating a VSP with at least a po 
number for the first voice terminal. 

26 . A system as claimed in any one , o< : claims »-» 

wherein the system further includes an Interactive 
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Response (IVR) unit used to confirm the registration of 
users registering to use call connection services of the 
system. 

27. A system as claimed in any one of claims 19-26 
wherein the system permits calls to be billed to a 
calling card, credit card or debit card. 

28. A system as claimed in claim 27 wherein calls 
billed to a calling card, credit card or debit card are 
routed to a switching point in the STN dedicated to 
handling such calls. 

29. A system as claimed in any one of claims 19-28 
whe rein the VSP responds at any time to call control 
option messages received from the calling party via the 
data network after a call session is in progress. 

30. A system as claimed in claim 29 wherein the 
call control option messages instruct the VSP to: cancel 
calling session; cancel a current call; add a new number 
to a call request list; skip next . number in the call 
request list; and, cancel current call and dial a 
specified number. 

31. A system as claimed in claim 30 wherein the 
call control options are displayed for the calling party 
on the data terminal. 

32. A system as claimed in claim 31 wherein the 
call control options displayed for the calling party are 
changed in response to changes in call progress. 
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